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ITERATIVE MULTI-USER DETECTION

CROSS-REFERENCE TO RELATED
APPLICATION

This application claims the benefit to U.S. Provisional No.
60/123,088 filed on Mar. 5% 1999, the disclosure of which is

incorporated herein by reference.

BACKGROUND OF THE INVENTION

The present invention relates to data transmission systems
and, more particularly, to the cancellation of cross talk
interference at a receiver.

Bi-directional digital data transmission systems are pres-
ently being developed for high-speed data communication.
One standard for high-speed data communications over
twisted-pair phone lines that has developed 1s known as
Asymmetric Digital Subscriber Lines (ADSL). Another
standard for high-speed data communications over twisted-
pair phone lines that i1s presently proposed i1s known as
Very-High-Speed Digital Subscriber Lines (VDSL).

The Alliance For Telecommunications Information Solu-
tions (ATIS), which 1s a group accredited by the ANSI
(American National Standard Institute) Standard Group, has
finalized a discrete multi tone based approach for the trans-
mission of digital data over ADSL. The standard 1s intended
primarily for transmitting video data and fast Internet access
over ordinary telephone lines, although 1t may be used 1n a
variety of other applications as well. The North American
Standard 1s referred to as the ANSI T1.413 ADSL Standard
(hereinafter ADSL standard). Transmission rates under the
ADSL standard are intended to facilitate the transmaission of
information at rates of up to 8 million bits per second over
twisted-pair phone lines. The standardized system defines
the use of a discrete multi tone (DMT) system that uses 256
“tones” or “sub-channels™ that are each 4.3125 kHz wide 1n
the forward (downstream) direction. In the context of a
phone system, the downstream direction 1s defined as trans-
missions irom the central office (typically owned by the
telephone company) to a remote location that may be an
end-user (1.e., a residence or business user). In other sys-
tems, the number of tones used may be widely varied.
However when modulation 1s performed efliciently using an
inverse fast Fourier transform (IFEFT), typical values for the
number of available sub-channels (tones) are integer powers
of two, as for example, 128, 256, 512, 1024, 2048 or 4096
sub-channels.

The ADSL standard also defines the use of a reverse
signal at a data rate 1n the range of 16 to 800 Kbit/s. The
reverse signal corresponds to transmission 1n an upstream
direction, as for example, from the remote location to the
central oflice. Thus, the term ADSL comes from the fact that
the data transmission rate i1s substantially higher in the
downstream direction than in the upstream direction. This 1s
particularly useful in systems that are intended to transmit
video programming or video conferencing information to a
remote location over telephone lines.

ANSI 1s producing another standard for subscriber line
based transmission systems, which 1s referred to as the
VDSL standard. The VDSL standard 1s intended to facilitate
transmission rates of at least 25.96 Mbait/s and preferably at
least 51.92 Mbait/s 1n the downstream direction. To achieve
these rates, the transmission distance over twisted pair
phone lines must generally be shorter than the lengths
permitted using ADSL. Simultaneously, the Digital, Audio
and Video Council (DAVIC) 1s working on a similar system,
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which 1s referred to as Fiber To The Curb (FTTC). The
transmission medium from the “curb” to the customer
premise 15 standard unshielded twisted-pair (UTP) telephone
lines.

A number of multi-carrier modulation schemes have been
proposed for use 1n the VDSL and FTTC standards (here-
mafter VDSL/FTTC). One proposed multi-carrier solution
utilizes discrete multi-tone signals 1n a system that 1s similar
in nature to the ADSL standard. Other proposed modulation
schemes include carrierless amplitude and phase modulated
(CAP) signals and discrete wavelet multi-tone modulation
(DWMT). In order to achieve the data rates required by
VDSL/FTTC, the transmission bandwidth must be signifi-
cantly broader that the bandwidth contemplated by the
ADSL. By way of example, the discrete multi-tone system
adopted for ADSL applications utilizes a transmission band-
width on the order of 1.1 MHz, while bandwidths on the
order of 20 MHz are being contemplated for VDSL/FTTC
applications. In one proposed DMT system for VDSL/FTTC
applications, the use of 256 “tones” or “sub-channels™ that
are each 69 kHz wide 1s contemplated. In another proposed
DMT system for VDSL/FTTC applications, the use of 4096
“tones” or “sub-channels™ that are each 4.3125 kHz wide 1s
contemplated.

The use of these wide band multi-carrier modulation
approaches have some inherent obstacles that must be
overcome. One particular problem relates to cross talk
interference that 1s introduced to the twisted pair transmis-
sion line and received by the modem. As 1s well known to
those skilled 1n the art, cross talk interference 1s unwanted
interference (signal noise) that 1s passed between adjacent
network cables or devices. Cross talk generally occurs due
to coupling between wire pairs when wire pairs in the same
bundle are used for separate signal transmission. In this
manner, a data signal from one source may be superimposed
on a data signal from a second source. As can be appreciated,
the data signals being transmitted over the twisted-pair
phone lines can be significantly degraded by the cross talk
interference generated on an adjacent twisted-pair phone
line. As the speed of the data transmission increases, the
problem worsens. For example, in the case of VDSL signals
being transmitted over the twisted-pair phone lines, the cross

talk interference can cause significant degradation of the
VDSL signals.

The undesired cross talk interference can come from a
variety of sources. One particular source of cross talk
interference 1s from home phone network devices that use
existing twisted-pair phone wiring for networking. By way
of example, the Home Phone Network Alliance (HomePNA
or HPNA) 1s one organization dedicated to solutions for
in-home, phone line-based networking. The HPNA signal 1s
a single carrier signal that tends to occupy a band that 1s less
than approximately 6 MHz wide. As can be appreciated, the
band may overlap some portion of the VDSL band, and as
a result, the VDSL and HPNA signals tend to occupy some
of the same frequency bands. By way of example, HPNA
signals generally operate with a frequency between about 4
to about 10 MHz. Accordingly, with high speed data trans-
mission, the cross talk iterference produced by HPNA
signals and other sources can significantly degrade the
desired VDSL data signals being transmitted over twisted-
pair phone lines.

Hence, the problem with using twisted-pair phone lines

with high frequency data transmission rates, such as avail-
able with ADSL and VDSL,, 1s that the cross talk interference
becomes a substantial impediment to a receiver being unable
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to properly receive the transmitted data signals. Thus, there
1s a need to provide techniques to eliminate or compensate
for cross talk interference.

SUMMARY OF THE INVENTION

The present inventions relate to methods and mechanisms
for reducing the impact of cross talk interference in multi-
carrier data transmission systems. In one embodiment, the
invention relates to a method of canceling cross talk inter-
ference 1n a received data signal. When an input signal that
includes a primary data signal and a superimposed cross-talk
signal 1s received, an estimation of the primary data signal
a estimation of the superimposed cross talk signal are
iteratively computed. The estimation of the primary data
signal 1s based at least 1n part upon the 1teratively computed
estimation of the cross talk signal and the estimation of the
superimposed cross talk signal 1s based at least in part upon
the 1teratively computed estimation of the primary data
signal.

In some embodiments, the primary data signal 1s a dis-
crete multi-tone signal. In other embodiments, the primary
data signal 1s a VDSL signal and the superimposed cross talk
signal 1s an HPNA signal. However, it should be appreciated
that the described methods can be applied to a wide range of
modulation schemes and communication protocols that
experience cross-talk.

The i1nvention relates, in another embodiment, to a
method of canceling cross talk interference mn a recerved
data signal. When a symbol block 1s received an estimate 1s
made of the symbols 1n the symbol block. Expected value
for each symbol 1n the symbol block are then iteratively
calculated to refine the estimation of the received signal. The
final calculation of the expected values are then used as the
ultimate estimation of the recerved signal.

In most embodiments, the iteratively calculating includes
executing soit cancellation of the estimate or the expected
value from a preceding calculation.

In some embodiments, soft cancellation includes subtract-
ing the estimates from the symbol block to produce a soft
symbol for each of the symbols in the symbol block. In other
embodiments, soft cancellation includes subtracting the
expected values from the symbol block to produce a soft
symbol for each of the symbols in the symbol block. In other
embodiments, an interference power 1s calculated to account
for the uncertainty in the estimate.

In most embodiments, the 1teratively calculating includes
computing a plurality of probable values, which are based at
least 1 part on the calculated interference power and the
resultant soft cancellation. The 1teratively calculating also
includes determining the expected value from the plurality
of probable values.

In a preferred embodiment, the symbol block includes
primary data signal symbols and superimposed cross talk
signal symbols. In some embodiments, the primary data
signal 1s a VDSL signal and the superimposed cross talk
signal 1s an HPNA signal.

The 1nvention relates, 1n another embodiment, to a
method for removing cross talk interference due to a cross
talk source that undesirably interferes with the reception of
data being transmitted over a transmission medium. The
method includes receiving an input signal including a first
signal that 1s superimposed on a second signal. The received
signal having a symbol block with mput symbols that
include a first set of symbols associated with the first signal
and a second set of symbols associated with the second
signal. The method further includes producing an estimate
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for the mput symbols. The method additionally includes
subtracting the eflect of the estimate from the received
symbol block. The method also includes computing a prob-
ability distribution for each of the input symbols wherein the
computing 1s based at least in part on the estimate. The
method further includes calculating a weighted average from
the probability distribution such that the weighted average
indicates a more likely value for the mput symbols. The
method also includes repeating the atorementioned steps to
produce an expected value for each of the mput symbols.
In most embodiments, an interference power 1s calculated
to account for the uncertainty in the estimate. The interier-
ence power 1s used 1n computing the probability distribution.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will be readily understood by the
following detailed description 1n conjunction with the
accompanying drawings, wherein like reference numerals
designate like structural elements, and 1n which:

FIG. 1 1s a block diagram of a subscriber line based
communication system having a plurality of twisted pair
phone lines that extend from an optical network unit to
receptive remote umts, in accordance with one embodiment
of the present invention.

FIG. 2A 1s an illustration of the frequency domain of an
input signal including a first signal and a second signal, 1n
accordance with one embodiment of the present invention.

FIG. 2B shows two signals with respect to the time
domain, 1n accordance with one embodiment of the present
ivention.

FIG. 2C 1s an 1illustration of a symbol block, which
includes symbols from first signal and symbols from a
second signal, 1n accordance with one embodiment of the
present invention

FIG. 3 1s a flow diagram of the iterative multi-user
detection technique, in accordance with one embodiment of
the present invention.

FIG. 4 1s a flow diagram of one of the blocks of the
iterative multi-user detection techniques of FIG. 3, 1n accor-
dance with one embodiment of the present invention.

FIG. 5 1s an exemplary 1illustration of a two bit output
constellation, in accordance with one embodiment of the
present mvention.

FIG. 6 1s an illustration of a modern architecture, in
accordance with one embodiment of the invention.

FI1G. 7 1s an 1illustration of a decoder, in accordance with
one embodiment of the invention.

DETAILED DESCRIPTION OF TH.
INVENTION

L1

Methods, devices and protocols appropriate for imple-
menting 1terative multi-user detection 1n multi-carrier trans-
mission systems will now be described 1n detail with refer-
ence to a few preferred embodiments thereof and as
illustrated in the accompanying drawings. In the following
description, numerous specific details are set forth 1n order
to provide a thorough understanding of the present inven-
tion. It will be apparent, however, to one skilled 1in the art,
that the present invention may be practiced without some or
all of these specific details. In other instances, well known
process steps have not been described 1n detail in order not
to unnecessarily obscure the present invention.

The invention pertains to an iterative multi-user detection
technique for canceling or otherwise compensating for cross
talk interference from recerved signals. The technique gen-
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erally includes receiving an input signal that includes a
primary data signal and a superimposed cross-talk signal.
The techmque 1mvolves iteratively computing both a prob-
able estimation of the primary data signal and a probable
estimation of the superimposed cross talk signal. The inven-
tion 1s particularly usetul for high speed data transmission,
such as VDSL and ADSL., where cross talk interference 1s a
substantial impediment to proper reception of transmitted
data. However, 1t should be apparent that the invention can
be readily applied to a wide variety of modulation schemes,
communication protocols and transmission mediums. The
invention 1s explained in detail below with reference to
several embodiments.

Referring mitially to FIG. 1, the customer end of a typical
telephone line based wired communications network 100
will be described. The system 1ncludes a central oflice 110
that services a plurality of distribution posts 112 which may
take the form of optical network units (ONU). Each distri-
bution post 112 communicates with the central oflice 110
over one or more high speed, multiplexed transmission line
114 that may take the form of a fiber optic line. The
distribution post 112 typically serves a multiplicity of dis-
crete subscriber lines 116, which are coupled to a multiplic-
ity of single end users 118. In most situations, the distribu-
tion posts 112 are located proximate to the single end users
118. Furthermore, even though fiber optics may be available
from a central oflice to the distribution posts, twisted-pair
phone lines (discrete subscriber lines 116) are generally used
to bring 1n the signals from the distribution post 1into the end
user’s home or business.

Some end users 118 may have a remote unit 120 suitable
for communicating with the distribution post 112 at very
high data rates. The remote units 120 generally include a
modem but may take the form of a variety of diflerent
devices, as for example, a telephone, a set top box, a
television, a monitor, a computer, a conferencing unit, etc. In
practice, most existing DSL lines utilize a discrete multi-
tone (DMT) modulation scheme for commumicating
between the remote unit and the distribution post. However,
in general, a wide variety of both multi-carrier and single
carrier modulation schemes may be used.

As described 1n the background section, there 1s currently
a growing 1nterest in the use of in-home, phone line-based
networking such as HPNA. One problem encountered with
the use of phone line based networks 1s that the signals
intended for internal transmission within a home will also be
leaked out on the subscriber line 116B that services the
home. The subscriber lines 116 A, 116B serviced by a single
distribution post 112 typically leave the distribution post 112
in a shielded binder 122. The shielding in the binder 122
generally serves as a good insulator against the emission
(egress) and reception (ingress) of outside interference.
Although the binder 122 provides resistance to outside
interference, there 1s likely to be cross talk interference
between the DSL signals on line 116A and the home
networking (e.g. HPNA) signals mnadvertently transmitted
into the binder 122. In a situation such as VDSL and HPNA,
wherein, adjacent subscriber lines 116 within the binder 122
carry information 1n the same range of frequencies, there can
be significant cross talk interference. This 1s generally
because cross talk-induced signals combine with the primary
data signals, which were originally intended for transmis-
sion over individual subscriber lines.

By way of example, 11 end user 118A 1s recerving a first
signal X, (e.g., VDSL) while end user 118B 1is transmitting
a second signal X, (e.g., HPNA), a dampened version of the
second signal X, may be superimposed on the first signal X
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such that the received signal Y, at end user 118A, 1s the
combination of signals X, and X,. This 15 sometimes
referred to as near end cross talk (INEXT). It should also be
noted that the cross talk interference may also be simulta-
neously received from two or more specific transmitters, for
example, a third signal emanating from an end user 118C
may also be superimposed on the first signal X,. Addition-
ally, cross talk interference may be received from multiple
signals within the same household or business.

The result of a superimposed cross talk signal 1s a slightly
different shaped waveform than was originally transmitted.
If the effects of the superimposed cross talk are not too
significant, the systems can generally reconstruct the signal
back into a digital format. However, 1f the superimposed
cross talk becomes too significant, the signals are misinter-
preted at the user’s end and bit errors occur.

To facilitate discussion, and to cite a specific example,
FIGS. 2A—C illustrate the transmitted signals including the
first signal X, which corresponds to a VDSL signal and the
second signal X, which corresponds to an HPNA cross talk
signal. The signal X, passes through a channel H, and the
signal X, passes through a channel H,. The received signal
Y consists of H, X, H,X, and noise. FIG. 2A shows the two
signals X, and X, with respect to the frequency domain {
The HPNA signal (X,) 1s a single carrier signal that tends to
occupy a band 202 that 1s approximately 6 MHz wide. In
many proposals, the VDSL signal (X,) 1s a multi-carrier
signal that tends to have a very broad band 206. For
example, at the time of this writing, bandwidths on the order
of about 17.7 MHz wide are being proposed in DMT based
systems. As 1s generally well known, the broad band 206 1s
broken up into a plurality of smaller bands or sub-carriers
208. The actual number of subcarriers used may be widely
varied 1n accordance with the design of a particular system
and the modulation scheme used, however typically an
exponential factor of two 1s used (e.g., 128, 256, 512, 1024,
2048, 4096, etc. subcarriers). If the broad band 206 1s broken
up 1nto 256 sub-carriers, each of the sub-carriers are about
69 kHz wide, and 11 the broad band 206 1s broken up 1nto
4096 sub-carriers, each of the sub-carriers are about 4 kHz
wide.

By way of example, the HPNA signal may be centered
around 7 MHz and may occupy a frequency band from about
4 MHz to about 10 MHz. As a result, the HPNA signal (X,)
tends to occupy some of the same tones as VDSL signal
(X,), and therefore, the HPNA signal tends to be superim-
posed on the VDSL signal. More particularly, if the HPNA
signal 1s 6 MHz wide and centered on 7 MHz and the VDSL
signal 1s between 0 and 17 MHz with 69 kHz wide subcar-
riers then 1t stands to reason that some of the subcarriers wall
be effected by the HPNA signal. As shown in FIG. 2A, the
HPNA signal (X,) 1s superimposed on sub-carriers from 209
to 210. Accordingly, 1n the case of VDSL, the HPNA end
user operates 1n overlapping frequency ranges and as such
are potential noise sources. Although the HPNA signal
produced by the end user 118B may be usetul signals, to the
receiver system (e.g., end user 118A) the signals are cross
talk noise that interfere with the reception of the VDSL
signal.

FIG. 2B shows the two signals X, and X, with respect to
the time domain t. In the time domain, the VDSL signal X,
1s generally transmitted 1n VDSL frames 211 that are broken
up into a plurality of VDSL symbol blocks 212. In contrast,

the HPNA signal X, 1s transmitted 1n a series of individual
HPNA symbols 214. That 1s, there 1s no symbol block 1n
HPNA and therefore the symbols are continuously transmiut-
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ted one after the other. As can be appreciated, a plurality of
HPNA symbols 214 will fall within one VDSL symbol block

212.

Referring next to FIG. 2C a particular example will be
shown. In this embodiment, the HPNA signal has a symbol
rate of 4 million symbols/sec, while the VDSL signal has
256 tones and a symbol rate of 35.7 million symbols per
second (and thus about X symbol blocks per second). In this
example, there are about 58 HPNA symbols for each VDSL
symbol block 212. Since the VDSL signal 1s a multi-carrier
signal, each VDSL symbol block has a plurality of tones
(e.g. 256) each of which carry a sub-symbol which must be
resolved. Thus, the combined signal within a single VDSL
symbol block may have on the order of 314 components (1.e.
58 HPNA symbols and 256 tones).

In accordance with one aspect of the present invention, a
method for removing cross talk interference due to a cross
talk source that undesirably interferes with the reception of
data being transmitted over a transmission medium will be
described 1n detail. Conceptually, an effort 1s made to resolve
both the desired data signal and the superimposed cross talk
signal. By making the effort to resolve the cross talk signal,
the cross talk can eflectively be removed from the recerved
signal to obtain the desired data signal.

Referring next to FIG. 3, a method of iteratively calcu-
lating the proper interpretation of a desired or “primary”
data signal by determining the nature of cross-talk noise will
be described. In the 1llustrated embodiment, the primary data
signal 1s a DMT based VDSL signal and the superimposed
cross talk noise 1s an HPNA signal. As will be appreciated
by those skilled 1n the art, in DMT systems, various clocks
including a symbol clock are synchronized between the
transmitter (the ONU 112 in this example) and a receiver
(the remote unit 120A). Thus, the receiver knows when a
new symbol block (e.g., a block of 256 symbols, each
carried on a separate tone) 1s expected. Initially, 1n step 301
a VDSL signal symbol block 1s received. It should be
apparent that the actual signal received includes the desired
primary data signal (e.g. a DM symbol), the superimposed
cross talk signal (e.g. numerous HPNA symbols) and any
other noise.

When a signal symbol block 1s recetved, an 1nitial esti-
mate 1s made for the mput symbols, which include VDSL
and HPNA symbols. In one embodiment, the initial estimate
1s obtained by applying the pseudo-inverse of the channel
matrix on the received signal and performing a clipping of
this result to restrict the 1nitial estimate to have a value less
than the maximum value possible for each of the input
symbols. It should be understood, however, that this 1s not
a requirement. For example, this mitial estimate can be set
to all zero (although convergence 1 305 might be slower).
For the purposes of this explanation we will use the term
“soft” symbol values to refer to the estimated (and later
iteratively calculated) values of the various DMT tones and
HPNA symbols.

After the 1nitial estimates of the soit symbol values for
both the HPNA cross-talk signal and the DMT tones have
been calculated, the soft symbol values for both the HPNA
cross-talk and the various DMT tones are iteratively recal-
culated in step 305. The iterative refinement of the soft
symbol values are used to improve the calculation of the
actual symbol values. By way of background, it should be
appreciated that the input signal received on any particular
tone will be a combination of several factors. These factors
generally include the actual transmaitted value of the trans-
mitted DMT tone, the side lobes from adjacent tones within
the DMT signal, and the impact of cross talk from adjacent
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lines and other noise. As can be appreciated, the side lobes,
cross talk and other noise tend to have some eflect on the
primary data signal that cause the primary data signal to be
misinterpreted at the user’s end. Thus, the iterative refine-
ment seeks to better account for the various second order
cllects that aflect the original interpretation of the received
signal (1.e., the mitial estimates).

In brief, emissions associated with a particular DMT tone
typically include a relatively high power emission centered
about the frequency center and a number of side lobes of
decreasing intensity extending on either side thereon. The
location of the sidelobe power peaks are well defined. The
first sidelobe peak 1s approximately midway between the
first and second tones adjacent to the central tone and 1ts
peak power 1s (2/37)” times (i.e., about 4.5% of) the mag-
nitude of the power at the frequency center. The second
sidelobe peak 1s approximately midway between the second
and third tones adjacent the central tone and its peak power
is (2/57)° times (i.e., about 1.6% of) the magnitude of the
power at the frequency center. The third sidelobe peak 1s
approximately midway between the third and fourth tones
adjacent the central tone and its peak power is (2/7m) times
(1.e., about 0.8% of) the magnitude of the power at the
frequency center and so on. As can be appreciated, each of
these sidelobes has some effect on the received 1nput signal
and when combined with the cross-talkers and other noise
improve the likelihood that a particular tone will mitially be
incorrectly interpreted. The presence of the sidelobes also
has the potential to adversely influence the 1nitial estimate of
the HPNA signal. For example, when tone zeroing 1s used to
estimate the HPNA signal, it should be apparent that the
influence of adjacent DMT tones will have some adverse
cllect on the interpretation of the HPNA signal. Since the
initial estimate of both the HPNA signal 1s not precise, the
initial estimate of the DMT signal 1s not precise as well. The
iterative refinement of the soit symbol values 1s imntended to
better take into account the influence that the various tones
and the HPNA signal have upon one another.

More specifically, step 305 tries to eliminate these etlects
by recalculating expected values for each symbol 1n the
symbol block. This includes recalculating expected values
for each symbol of the primary data signal and each symbol
of the superimposed cross talk signal. Furthermore, the
expected values for each symbol of the primary data signal
are used to calculate expected values for each symbol of the
superimposed cross talk signal and the expected values for
cach symbol of the superimposed cross talk signal are used
to calculate each symbol of the primary data signal. As can
be appreciated, step 305 propagates expected values until
the expected values of the primary signal converge towards
a value that most closely resembles the true primary data
signal symbol values without the effects of the superimposed
cross talk signal (or the side lobes and other noises). In a
similar manner, step 305 also propagates expected values
until the expected values of the superimposed cross talk
signal converge towards a value that most closely resembles
the superimposed cross talk signal without the effects of the
primary data signal. Block 305 will be described 1n greater
detail 1n FIG. 4.

After the expected values of both the primary data signal
and the cross-talk signal have been calculated 1n step 303, a
decision 1s made 1n step 307 as to whether the desired
number of iterations have been made to refine the expected
values. I not, step 305 1s repeated, which again calculates
the expected values for each symbol 1n the symbol block.
During subsequent iterations of block 303, the calculations
are based at least 1n part on the preceding calculations. In
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this manner, the expected values tend to converge to the
most likely value. As can be appreciated, the presence of the
superimposed cross talk signal generally obscures the pri-
mary data signal and thus the computed probability may not
heavily favor a particular signal value 1nitially. As a result,
the process can proceed either for a fixed number of 1tera-
tions or until there 1s no change in the symbols that would
be decided by choosing the values with a maximum prob-
ability value (reach a plateau). If a fixed number of iterations
are used, the number of 1terations that are appropriate for a
particular system will depend on a number of factors includ-
ing the quality of the 1nitial estimates, the speed at which the
iterations can be processed (since 1t 1s viewed as important
to interpret the received signal 1n real time), the tolerable
error rate, etc. By way of example, about 5 to about 10
iterations seem appropriate for the described DMT/HPNA
system. However, 1t should be noted that this i1s not a
limitation and that the number of 1terations may vary accord-
ing to the particular set-up used.

The fifth step 309 selects symbol values based on the final
expected values for each symbol. The selection 1s based on
the expected value that best approximates the actual or real
value for each symbol. That 1s, as the expected values are
iteratively calculated they tend to converge to a value that
more closely resembles a true value. Therefore, when the
iterations are completed the final expected value tends to
point to this true value, and as a result 1t 15 selected to be a
hard symbol value. The sixth step 311 then outputs the
selected symbols. In most embodiments, the outputted sym-
bols are the symbols that coincide with the symbols of the
primary data signal. In this manner, the superimposed cross
talk signal 1s effectively removed from the mputted signal

and theretfore the effects of cross talk interterence on the
primary data signal are substantially eliminated.

In order to ensure that the algorithm i 3035 works and
converges, tones 1n the VDSL need to be zeroed to create a
big enough separation between the output points. It should
be appreciated that the best tones to zero are generally the
ones that have greatest cross talk interference. The zeroed
tones may or may not be consecutive and their positions are
generally not fixed. Furthermore, 1t should be noted that
more than one tone may need to be zeroed to get a good look
at the superimposed cross talk signal. The appropriate num-
ber of tones that should be zeroed i1s dependent on many
factors. For example, the number of zeroed tones should be
small enough to prevent significant rate loss and large
enough to provide a good 1nitial estimate that allows the
iterative multi-used detection techmique to converge. The
number of zeroed tones 1s also dependent on the size of the
frequency spectrum for both the primary data signal and the
superimposed cross talk signal. Because of the different
requirements of each system 1t 1s generally desirable to
express the amount of zeroed tones as a percentage of the
total tones available in the primary data signal (e.g., 128,
256, . ..4096). In general, a percentage between about 1.5
and about 3.0 tends to work well. In a more specific
example, 1t has been found that about 6 zeroed tones works
well when the primary data signal 1s a 256 tone VDSL si1gnal
and the superimposed cross talk signal 1s an HPNA signal
having a potential frequency band overlap of approximately
6 MHz with the VDSL signal and approximately 58 symbols
that overlap a VDSL symbol. It should be noted, however,
that this 1s not a limitation and that the number of zeroed
tones may vary according to the specific needs of each
system.
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The atorementioned mterference problem can be consid-
ered abstractly for two users using the following framework:

}»’ZHI 'xl +H2 'XE‘H"I

where the vectors x; and X, correspond to vectors of signals
from some discrete signaling constellations. The vector y
contains the received samples, the matrices describing the
channel between the user mputs and the channel output are
H, and H, respectively, and n 1s a noise vector. The problem
can be easily generalized to any number of users by adding
components like H_-x_ or by considering all “other users”
as part of a larger vector component H,-x, When different
users are not synchronized, the matrices H_ can vary with
time—this analysis considers one block in time only and
thus need not propagate a time-index notation. Mutiple
phase-lock loops are needed in the practical case of unsyn-
chronized clocks so that the proper H matrices at each block
in time can be used 1n the above model.

Perfect knowledge of the matrices H, and H, 1s assumed.
The goal 1s then to decode the vector x, (and possibly the
vector X, also in the general case) based on the recerved
signal y. The signal component H, X, 1s sometimes treated as
an interfering signal, which prevents the decoding of the
signal x,. Rather than treating this signal component merely
as noise, a receiver can significantly improve performance
by jointly detecting the vectors x,; and X,.

A generalization 1s used in the following where 1t 1s
observed that all mputs can be decoded as part of giant
detection problem that 1s written as

where all of the inputs 1n the vector x are detected. In such
detection, each dimension can be considered individually
with all other dimensions being alternate or “other” users in
an 1terative decoding scheme. Furthermore, the set of cross
talkers can all be considered as having one large input vector
x and a matrix channel H, the latter of which usually has
tewer output dimensions than imput dimensions. If the noise
1s small enough, and the matrix H 1s (as always 1n practice)
one-to-one for the discrete finite set of possible mputs (i.e.,
different mput vector x 1s mapped to different output sym-
bols without considering noise), then the receiver can reli-
ably recover all the mnput symbols (for both the primary data
signal and the superimposed cross talk signal).

To elaborate further, FIG. 4 shows a flow diagram of the
relevant steps mnvolved 1n calculating expected values for
cach symbol in the symbol block for block 305 of FIG. 3.
The first step 401 includes executing soit cancellation. Soft
cancellation generally includes subtracting, from the
received symbol block, the eflect of the 1nitial estimate (303 )
or the preceding expected values from prior calculations. As
can be appreciated, the term *“‘soft” i1s used to describe a
tentative evaluation or a rough calculation.

The second step 403 includes calculating interference
power. The interference power 1s obtained as the expected
value of the square of the difference of the constellation
points and the soft value for the other symbol values
multiplied by the eflect of the channel. The interference
power 1s used to determine the probabaility distribution of the
symbol 1n consideration, so that a new soit value can be
computed for the symbol in consideration. The interference
power 1s computed because the soft symbol 1s just an

L
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estimate of an actual symbol sent. The uncertainty in this
estimate needs to be taken into account to obtain a reliable

probability distribution.

The third step 405 includes computing a probability
distribution for each of the mput symbols 1n consideration.
For the most part, the probabaility distribution 1s based on the
probabilities that the symbol 1n consideration has a particu-
lar value 1n 1ts constellation. The probabilities are based on
the noise plus intertference power that was calculated 1n step
403. That 1s, the interference noise power has a certain effect
on the soit symbol values that may make 1t more likely to be
a hard symbol value. After the probabilities have been
computed the process moves to step 407, which involves
determining the expected value for the symbol 1n consider-
ation from the probability distribution. This 1s typically
accomplished by calculating a weighted average between
cach of the values 1n the probability distribution to form a
new solt symbol value (e.g., expected value) that will
converge to a particular symbol that 1s more likely. Accord-
ingly, the new soft symbol value may be reliable when 1t 1s
narrowly centered on one value as very likely and unreliable
when 1ts not.

To facilitate discussion of the aforementioned techniques,
FIG. 5 1llustrates an exemplary 2 bit output constellation 500
having four states 502. As 1s well known 1n the art, each of
the four states represents a possible mput symbol using a
specific control scheme such as VDSL. Output constella-
tions are well known in the art and for the sake of brevity
will be limited to the above description. In the theoretical
world, assuming no noise or interference, a recetved symbol
would generally coincide with one of the states. However, in
this example and because of cross talk interference, the
received symbol S 1s often askew of one of the states. That
1s, the cross talk interference has some effect on the primary
data signal such that the recerved symbol S tends not to fall
on one of the states 502.

With regards to the present invention, a probability dis-
tribution P 1s computed (block 405) between the recerved
symbol S and each of the four states 502 to produce
probabilities P,, P,, P,, and P,. P, represents the probability
that S 1s state 502A, P, represents the probability that S 1s
state 502B, P, represents the probability that S 1s state 502C
and P, represents the probability that S 1s state 502D. After
the probabilities P,, P,, P,, and P, are calculated, a weighted
average 1s produced that forms a new soft symbol S' (block
407). As can be appreciated, the new soit symbol S' starts to
converge to a state 502 that 1s more likely to be the actual
symbol value. For example, 11 P, has a probability of about
0.7, P, has a probability of about 0.2, P, has a probability of
about 0.05, and P, has a probability of about 0.05 then the
average ol the four probabilities may place the new soft
symbol S' closer to S02A or 502B as shown. Subsequently,
another probability distribution and another weighted aver-
age that produces yet another new soit symbol value can be
computed. Multiple 1terations can be made until the new soft
symbol S' reaches a probability that 1s substantially
unchanged after the preceding calculation. As mentioned,
about 6 1terations tend to produce relatively no change 1n the
probability distribution’s weighted average. Accordingly,
once the soft symbol value reaches this plateau, the state that
best emulates the new soft symbol 1s selected (block 309).

Although only a 2 bit output constellation 1s shown and
described, it should be noted that this 1s not a limitation and
that other output constellation could be used. For example,
a 4 bit constellation, 5 bit constellation, a 6 bit constellation
and the like. Importantly, it should also be noted that FIG.
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5 and the related description 1s only exemplary and not
limiting 1n scope of the present invention.

The blocks of FIG. 4 can be considered abstractly using
the following framework. For soft cancellation, the receiver
needs two quantities that can be computed from a distribu-
tion (1n this case a conditional distribution of X, based on the
observation of the entire sequence y), the average value or
soit symbol

Xk:Exk/y(xk)

and the corresponding variance about this mean value

Ekz :Exk/ y(‘xk_%k)z

This distribution, or equivalently the two quantities above,
can be approximated by using the mean value for other
symbols 1n the linear-canceller expression above instead of
decided values, thus averting most of the negatives of error
propagation.

Each of the channel output dimensions clearly are not
independent unless the matrix H 1s diagonal. Nonetheless,
since soft-canceller algorithms will approximate likelihood
functions and probability densities in any case, this analysis
assumes they are mndependent only 1n so far as the decom-
position of the overall likelithood function as

v (L1)
Ly (@= ) Li@.
=1

(The reader 1s reminded that N 1s the number of channel
output dimensions, which may often be less than the total
number of multiuser symbols.) This expression denotes the
possible values for the k”” symbol as a. A more complicated
expression involving the channel matrices and coupling
would otherwise have to be approximated without this
independence assumption. Our experiments repeatedly
show that this independence assumption does not prevent
the convergence of the soit canceller.

It may be helptul to recall that P, p,=p. D, which
means that the two conditional densities are proportional to
one another and when the mput 1s uniform a prior, the
proportionality constant does not involve x,. Thus, when
computing soit symbols or soft-symbol variances, either
distribution may be used with appropriate normalization.

Assuming a set of mitial soft symbol values existing, the
soit canceller then first executes the cancellation step

Zik = Vj— Z hiie Xi |block 401]

EJ

where the decision on other symbols 1s replaced by the soft
symbol value. The objective 1s to compute an estimate of L, ,
(a) from z, ;. For each possible symbol value a for x,, the
receiver can also compute for each tone

Wil @)=z 5l 5a,

which is an estimate of the noise on the i output dimension
given X,=a. The quantity w 1s distribution-like 1n that 1t
assumes a value for each a. The value of a for which w has
minimum magnitude 1s the most likely decision. If one
assumes this noise estimate 1s Gaussian (because the noise
1s Gaussian and 1t approximates the noise), then the vanance
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of this term can be computed (the mean 1s assumed zero) to
specily the Gaussian distribution as

G—ik — : 1 Z |hfj,f|2 _ E? [blﬂ(:k 403]

This variance and the values for a allow approximation of
the true distribution. The subchannel likelihood function 1s
then

[block 405]

for a complex Gaussian random variable. The subchannel
terms can be summed over j for each mput symbol value to
form the overall likelihood function as 1 (LL1). Using
equation (L.1), one can get P, from L,. Equivalently, one
can form the product of the individual probability distribu-
tions to get the overall probability distribution.

Since the overall probability distribution P, 1s propor-
tional to the probability distribution P, by terms that only
depend on the value of y, and since the mput distribution for
cach symbol 1s uniform, the new soft symbol value for a
subsequent 1teration 1s then computed according to

Z (1 - p}?f (ﬂ) [blﬂ@k 405]
A
Xk = — (L2a)
D, Poi, (@
and the variance about this mean value 1s then
Z (ﬂ _ ijz p}rka (ﬂ) [blﬂ@k 403]
& = — -(L2b)

Having computed these two quantities, the soft symbol
and its variance, for each symbol value x,, the algorithm can
proceed to a subsequent iteration, where z, w, and L values
are again computed. At some point in time the iterations can
be stopped (1n practice 6—10 1terations 1s enough) and hard
decisions made from the likelihood functions on all sym-
bols. An exception procedure 1s used to delete likelithoods
that may falsely contribute too much to the overall likeli-
hood. If the denominator above 1n (LL2) 1s below a threshold
and too close to zero, the probability of v 1s small, meaning
the information 1s unreliable and so the soft value 1s zeroed
or left unchanged for the next iteration. This simple check
tends to have a significant improvement on the convergence

of the algorithm.

As mentioned, for soft cancellation to operate eflectively,
an 1nitial set of soft symbol values must be obtained.
Theretfore, 1n another embodiment of the present invention,
a good 1nitial estimate of the soft symbols for the iterative
multi-user detection process can be computed according to
the psuedo 1nverse:

z=H*(HH*)-1y
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and then computing per symbol dimension, where X __1s a
per-dimension maximum constellation value. For the real
dimension, we have:

— Xmax it Re {Zi} < —Xmax
Re{z;}

+ Xax

Re{y;} = if Re {2} = Xmax

1f Re {Zi}; > Xmax

Similarly, for the imaginary dimension. As can be appreci-
ated, this equation can be used to determine estimates for
both the primary data signal and the superimposed cross talk
signal. Alternatively, v, can be set to zero for the initial
estimate, although the rate of convergence might be slower.

Referring next to FIG. 6, a DMT transceiver architecture
suitable for implementing the described iterative multi-user
detection technique will be described, 1n accordance with
one embodiment of the present invention. The modem 600
includes a transmitter 602, which incorporates several com-
ponents including an encoder 606, a discrete multi-tone
modulator 608, a windowing filter 610 and a controller 611.
The encoder 606 serves to multiplex, synchronize and
encode the data to be transferred (such as video data). More
specifically, it translates mncoming bit streams 1nto i phase
and quadrature components for each of the multiplicity of
subchannels. The encoding may be done using a variety of
error correction schemes. By way of example, forward error
correction works well. The encoder 606 would typically be
arranged to output a number of subsymbol sequences that
are equal to the number of subchannels available to the
system. By way of example, 1n a system having 256 sub-
channels, the encoder 606 would output 256 subsymbol
sequences minus the number of subchannels in the restricted
frequency band(s). These mputs are complex inputs that are
passed to a discrete multi-tone modulator 608. The modu-
lator 608 1s generally an IFFT modulator that computes the
inverse Fourier transform by any suitable algorithm.

The bat distribution 1s adaptively determined in discrete
multi-tone systems. To facilitate this, the transmitter also
includes a line monitor (not shown) that monitors the
communication line to determine the line quality of each of
the available subchannels. In one embodiment, the line
monitor (which may be part of the controller) determines the
noise level, gain and phase shift on each of the subchannels.
The object 1s to estimate the signal-to-noise ratio for each of
the subchannels. Therefore, other parameters could be moni-
tored as well or 1 place of the parameters described. The
determination of which subchannels to transmit the encoded
data over as well as how much data to transmit over each
subchannel 1s dynamically determined on the basis of sev-
cral factors. The factors include the detected line quality
parameters, subchannel gain parameter, a permissible power
mask, and the desired maximum subcarrier bit error rates. It
1s noted that the factors need not be constant between
subchannels and indeed may even vary during use. Most
notably, the line quality parameters may be repeatedly
checked, and adjustments in the modulation scheme are
made 1n real time to dynamically adjust the modulation as
the line quality over various subchannels changes during
use. Most notably, the line quality parameters may be
repeatedly checked, and adjustments 1n the modulation
scheme are made 1n real time to dynamically adjust the
modulation as the line quality over various subchannels
during use.
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After the encoded signal has been modulated to form a
discrete multi-tone signal, a cyclic prefix 1s appended to the
discrete multi-tone encoded signal. The cyclic prefix 1s used
primarily to simplity the demodulation of the discrete multi-
tone signals and 1s not strictly required. The length of the
cyclic prefix may be widely varied. By way of example, 1n
a 512 sample signal, a 40 bit cyclic prefix may be used.

After the encoded signal has been modulated to form a
discrete multi-tone signal, the modulated signal 1s passed
through a windowing filter 610 and/or other filters to mini-
mize the out of band energy. This 1s desirable to help prevent
the analog interfaces in the remote receivers from saturating.
The windowing can be accomplished by a wide vanety of
conventional windowing protocols. The transmitter also
includes an analog interface 612, which applies the discrete
multi-tone signal to the transmission media 623. In hard-
wired systems such as twisted pair phone lines and coaxial
cables, the analog interface 612 may take the form of a line
driver.

The modem 600 also includes a receiver 604 for receiving
multi-tone signals from the transmitter(s). The receiver 604
generally includes an analog interface 614, a time domain
equalizer (TEQ) 616, a demodulator 618, a decoder 620 and
a controller 611. Signals received by the recerver 604 (from
the transmitter) are initially received through the analog
interface 614. The time domain equalizer 616 eiiectively
performs filtering functions on the received signal. A win-
dowing f{ilter (not shown) may also be employed. The
demodulator 618 demodulates the equalized discrete multi-
tone signal and strips the cyclic prefix. The decoder 620
decodes the demodulated signal. The demodulator 618 and
the decoder 620 effectively perform mverse functions of the
modulator 608 and encoder 606, respectively. By way of
example, the demodulator 618 1s generally an FFT modu-
lator that computes the Fourier transform by any suitable
algorithm. The decoded signal 1s then passed from the
decoder 620 to a remote device 622 such as a video
telephone, a television, a computer, or other suitable receiv-
ing apparatus.

Although not shown, an analog notch filter may be
provided at a location upstream of the receiver’s analog
interface in order to block energy within the restricted
frequency bands to help guard against the ingress of
unwanted RF signals. Furthermore, a transformer may be
provided to reject common mode noise.

Referring to FIG. 7, the decoder 620 of FIG. 6 will be
described 1n detail, in accordance with one embodiment of
the present invention. The decoder 620 includes a first
decoder 700 and a second decoder 702. In this embodiment,
first decoder 700 1s configured to calculate the expected
value for each of the symbols 1n the primary data signal X,
and second decoder 702 1s configured to calculate the
expected value for each of the symbols 1n the superimposed
cross talk signal X,. More specifically, decoder 700 1s
arranged to compute a probability distribution P1 for each of
the possible values for the primary data signal X, and
decoder 702 1s arranged to compute a probability distribu-
tion P2 for each of the possible values for the superimposed
cross talk signal X,.

Furthermore, the expected values computed by the first
decoder 700 are arranged to be mputted into the second
decoder 702 and the expected values computed by the
second decoder 702 are arranged to be mputted 1nto the first
decoder 700. As can be appreciated, the expected values of
the primary data signal from the first decoder 700 tend to
lead to better expected values of the superimposed cross talk
signal 1 the second decoder 702. In turn, the expected
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values computed 1n the second decoder 702 can be returned
to a second pass of the first decoder 700 to produce a better
probability distribution than on 1ts first execution. The
process can proceed either for a fixed number of iterations
or until there 1s no change in the symbols that would be
decided by choosing the values with maximum probabaility
value. When the fixed number of iterations are completed, a
hard decision 704 can be made to output the iteratively
computed primary data signal X1 to a remote device.
Accordingly, the iterative decoding method propagates
probability distributions that eventually lead to hard deci-
sions, but also allow interference cancellation.

Although the iterative multi-user detection techniques
have been shown and described 1n the context of a DMT
modem, 1t should be appreciated that this 1s not a limitation
and that the 1terative multi-user detection techniques can be
used 1n other types of modem structures as well. Accord-
ingly, FIGS. 6 & 7 are only exemplary and not a limiting 1n
scope of the present mnvention.

Using the iterative soft interference cancellation, it 1s
possible to detect the VDSL signal in spite of the interfer-
ence from HPNA, with a reduced error rate. Erroneous
blocks may still occur, so that 1t 1s necessary to introduce
error-correction to handle these errors. In particular, forward
error correction (FEC) in the form of byte-oriented Reed-
Solomon codes can be used. In one example, a single DMT
symbol for VDSL 1s assumed to correspond to 400 bits. Then
putting four VDSL symbols together gives 200 bytes, which
1s a reasonable length for a byte-oriented Reed-Solomon
codeword, which must be less than 255 bytes 1n total. It 1s
assumed that the FEC i1s applied over the entire DMT
symbol, although the primary cause of errors will be inter-
terence from HPNA 1n the 88 tones (of 256 tones). Since the
errors occurs 1n bursts, due to the nature of the interference
cancellation, 1t 1s necessary to interleave Reed-Solomon
words 1n order to spread the bursts, decreasing the likelthood
that a single Reed-Solomon codeword 1s hit with an uncor-
rectable number of errors.

Furthermore, another method that improves iterative
decoding 1s to exploit codes on the individual users. By way
of example, low-density parity may be used to improve
convergence of the soft-information used by the aloremen-
tioned iterative decoding methods. Such information can be
very useful when more than one cross talker 1s significant.
Typically 18-24 bits per packet of a few 1000 bits 1s good
for such purposes. Such bits 11 added to the cross talker (e.g.,
HPNA) could be 1ignored by a cross talker receiver. How-
ever, 11 the random pattern selected by each cross talk packet
1s known or transmitted reliably at the beginning of each
packet, 1t can be used to improve the reliability of estimating
the cross talk 1n the primary signal soit canceller. Such parity
could, 11 desired, be used to provide up to 7-8 dB of coding
gain, which may be of use 1n the cross talking signal to
improve data rates or to increase reliability. Additionally,
cross talk signals that carry extra parity bytes per packet
could potentially be more easily separated from the primary
data signals, especially when there are more than one cross
talking signal.

In an alternate embodiment, another variant of the
decoder 1s used, which can be called block soft canceller.
This 1s similar to the soft canceller except that a likelihood
function 1s calculated for blocks of 2 or more symbols
instead of a single symbol. The cancellation 1s still done with
the soft bits. Thus, the block soft canceller 1s a compromise
between a full maximum likelihood and soft cancellation.
Another feature 1s the inclusion of a simple error detection
scheme. If the likelihoods for all the possible transmitted
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sequences 1n a block are below a set threshold, this indicates
that the interference estimation 1s inaccurate. In this case, the

soit bit 1s set to zero or left unchanged for the next iteration.
Details associated with iterative multi-user detection tech-

niques are also explained and described in the following
references: John M. Ciofh, “REJECTION OF HOME LLAN

NEXT IN VDSL VIA SOFI CANCELLATION,” ETSI

TM6, TDI15, September 1999, and John M. Cioil,
“G.VDSL: FUNDAMENTALS REQUIREMENTS
INDUCED BY G.PNT/G.VDSL MIXTURE”, ITU—Tele-

communication Standardization Sector, N1-043, November
1999, which are incorporated herein by reference.

As can be seen from the foregoing, the present invention
offers numerous advantages. One advantage of the invention
1s that the primary data signal and the superimposed cross
talk signal are separable with little loss 1n performance.
Another advantage of the invention 1s that the estimate of the
cross talk interference 1s not only very accurate but also
adaptive because the estimation 1s updated during the recep-
tion of a signal. As a result, the cross talk interference can
be removed at the receiver to produce a true data signal.
Furthermore, the invention 1s particularly suited for any high
speed data transmission where cross talk interference pro-
duced by neighboring systems or other sources can signifi-
cantly degrade the desired data signals being recerved.

While this imvention has been described in terms of
several preferred embodiments, there are alterations, per-
mutations, and equivalents, which fall within the scope of
this invention. For example, although the present invention
was described 1n context with VDSL and HPNA, 1t should
be understood that this 1s not a limitation and that other
coded systems such as T1, ISDN, and the like may be used.
It should also be noted that there are many alternative ways
of implementing the methods and apparatuses of the present
invention. By way of example, although the above-described
embodiments are well suited for data transmission over
twisted-pair phone lines, the invention 1s not limited to use
with twisted-pair phones lines. For example, the invention
may be used 1n cases where the data transmission 1s over
coaxial cable, T1 lines, or wireless channels. Further,
although the invention has been primarily described 1n the
context of a DMT modulation scheme, it should be appre-
ciated that the invention can readily be used 1n a wide variety
ol both multi-carrier and single carrier modulation schemes,
including carrierless amplitude and phase modulated (CAP)
signals, discrete wavelet multi-tone modulation (DWMT)
signals, quadrature amplitude modulated (QAM) signals,
ctc. It 1s therefore intended that the following appended
claims be mterpreted as including all such alterations, per-
mutations, and equivalents as fall within the true spirit and
scope of the present mnvention.

What 1s claimed 1s:

1. A method of canceling cross talk interference in a
received data signal, the method comprising:

receiving a symbol block;

obtaining an estimate of symbols in the symbol block;

iteratively calculating an expected value for each symbol

in the symbol block and,

therefrom, producing a plurality of iteratively calculated

expected values; and

selecting symbol values based on the iteratively calcu-

lated expected values converging toward final expected
values for each symbol.

2. The method as recited 1n claim 1 wherein the calcu-
lating 1ncludes executing soit cancellation of the estimate or
the expected value from a preceding calculation.
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3. The method as recited 1n claim 2 wherein soit cancel-
lation 1ncludes subtracting the effect of the estimate from the
symbol block to produce an estimate of an 1nterference free
value 1n the symbol block.

4. The method as recited 1n claim 2 wherein a group of at
least two symbols are used when performing soit cancella-
tion.

5. A method of canceling cross talk interference n a
received data signal, the method comprising:

recerving a symbol block;

obtaining an estimate of symbols 1n the symbol block;

iteratively calculating an expected value for each symbol

in the symbol block including executing soft cancella-
tion of the estimate or the expected value from a
preceding calculation wherein soft cancellation
includes subtracting the expected values from the sym-
bol block to produce an estimate of an interference free
value symbol the symbol block; and

selecting symbol values based on final expected values for

cach symbol.

6. A method of canceling cross talk interference in a
received data signal, the method comprising:

recerving a symbol block;

obtaining an estimate of symbols 1n the symbol block;

iteratively calculating an expected value for each symbol
in the symbol block, and including
executing soft cancellation of the estimate or the
expected value from a preceding calculation, and
calculating interference power to account for the uncer-
tainty of the estimate; and

selecting symbol values based on final expected values for

cach symbol.

7. The method as recited 1n claim 6 wherein the iteratively
calculating further includes computing a plurality of prob-
able values, the probable values being based at least 1n part
on the calculated interference power and the soft cancella-
tion.

8. The method as recited 1n claim 7 wherein the iteratively
calculating further includes determining the expected values
from the plurality of probable values.

9. The method as recited 1n claim 8 wherein the symbol
block includes primary data signal symbols and superim-
posed cross talk signal symbols.

10. The method as recited 1n claim 9 wherein the primary
data signal 1s a discrete multitone signal.

11. The method as recited 1n claim 10 wherein at least one
tone ol the multi-tone signal 1s zeroed to produce better
performance of soft cancellation.

12. The method as recited 1n claim 9 wherein the primary
data signal 1s a Very-High-Speed Digital Subscriber Line
signal.

13. A method of canceling cross talk interference in a
received data signal, the method comprising:

receirving a symbol block including primary data signal

symbols and superimposed cross talk signal symbols
wherein the primary data signal 1s a discrete multitone
signal and wherein at least one tone of the multi-tone

signal 1s zeroed to produce better performance of soft
cancellation and the at least one tone of the multitone

signal that are zeroed are the ones with the largest
interference from the superimposed cross talk signal;
obtaining an estimate of symbols 1 the symbol block;
iteratively calculating an expected value for each symbol
in the symbol block including
executing soft cancellation of the estimate or the
expected value from a preceding calculation,
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calculating 1nterterence power to account for the uncer-
tainty of the estimate,
computing a plurality of probable values, the probable
values being based at least 1n part on the calculated
interference power and the soit cancellation,
determining the expected value from the plurality of
probable values; and
selecting symbol values based on final expected values for
cach symbol.
14. A method of canceling cross talk interference 1n a
received data signal, the method comprising:
receiving a symbol block including primary data signal
symbols and superimposed cross talk signal symbols
wherein the superimposed cross talk signal 1s a Home
Phone Network Alliance signal;
obtaining an estimate of symbols in the symbol block;
iteratively calculating an expected value for each symbol
in the symbol block including
executing soft cancellation of the estimate or the
expected value from a preceding calculation,
calculating interference power to account for the uncer-
tainty of the estimate,
computing a plurality of probable values, the probable
values being based at least 1n part on the calculated
interference power and the soit cancellation,
determining the expected value from the plurality of
probable values; and
selecting symbol values based on final expected values for
cach symbol.
15. A method for removing cross talk interference due to
a cross talk source that undesirably interferes with the
reception ol data being transmitted over a transmission
medium by coupling to the transmission medium, the
method comprising:
receiving an input signal including a first signal that 1s
superimposed on a second signal, the recerved signal
having a symbol block with 1input symbols that include
a first set of symbols associated with the first signal a
second set of symbols associated with the second
signal;
producing an estimate for the mnput symbols;
subtracting the eflects of the input symbols from the
received symbol block;
computing a probability distribution for each based at
least 1 part on the estimate;
calculating a weighted average from the probability dis-
tribution, the weighted average indicating a more likely
value for the mput symbols.
16. The method as recited imn claiam 15 wherein the
computing 1s based at least 1n part on a calculated interfer-
ence power.
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17. The method as recited 1n claim 15 further including
outputting expected values for each of the symbols of the
second signal.
18. The method as recited 1n claim 15 wherein the
weighted average 1s the estimate.
19. A data communication apparatus adapted to cancel
cross talk interference 1n a received data signal, the appa-
ratus comprising:
means for recerving an input signal that includes a pri-
mary data signal and a superimposed cross-talk signal;

means for iteratively computing a probable cross talk
signal and, therefrom, producing a plurality of 1itera-
tively computed probable cross talk signals; and

means for calculating the data signal based at least in part
upon one of the iteratively computed probable cross
talk signals converging toward the superimposed cross-
talk signal.

20. The apparatus of claim 19 further comprising means
for iteratively computing a probable desired signal estimate,
wherein the computed probable desired signal estimate 1s
used 1n 1teratively computing the probable cross talk signal
and 1n calculating the data signal.

21. A data communication apparatus adapted to cancel
cross talk interference 1n a received data signal, the appa-
ratus comprising:

means for receiving an mput signal that includes a pri-

mary data signal and a superimposed cross-talk signal;
means for iteratively computing a probable cross talk
signal; and

means for calculating the data signal based at least 1n part

upon the 1teratively computed probable cross talk sig-
nal resembling the superimposed cross-talk signal and
adapted to calculate the data signal based at least 1n part
on the iteratively computed probable cross talk signal
being computed for a predetermined number of 1tera-
tions.

22. A data communication apparatus adapted to cancel
cross talk interference 1n a received data signal, the appa-
ratus comprising:

means for receiving an mput signal that includes a pri-

mary data signal and a superimposed cross-talk signal;
means for iteratively computing a probable cross talk
signal; and

means for calculating the data signal based at least in part

upon the 1teratively computed probable cross talk sig-
nal resembling the superimposed cross-talk signal and
adapted to calculate the data signal based at least 1n part
on the iteratively computed probable cross talk signal
converging toward the superimposed cross talk signal.
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